Abstract: This paper investigates the issue of acoustic feedback in multichannel active noise control (ANC) systems. The presence of acoustic feedback degrades the performance of the ANC systems, and in the worst case the ANC system may become unstable. Here we propose a simplified solution for acoustic feedback modeling and neutralization during the online operation of multichannel ANC systems. The computational complexity of the proposed method is lower than the existing method. Computer simulations are carried out for a 1 × 2 × 2 system comprising one reference microphone, two secondary loudspeakers and two error microphones. It is demonstrated that the proposed method achieves better performance than the existing method, and at somewhat lower computational complexity.
Introduction
Active noise control (ANC) is based on the principle of destructive interference of acoustic waves; specifically an antinoise of equal magnitude and opposite phase is generated and combined with the primary noise, thus resulting in the canceling of both noises [1] . The most famous adaptive algorithm for ANC applications is the filtered-x least mean square (FxLMS) algorithm [2, 3] which is the modified version of the LMS algorithm [4] . Here, before being used in the LMS update equation, the reference signal is filtered through the so-called secondary path following the adaptive filter, and hence the name FxLMS algorithm [2] .
A block diagram of 1 × 2 × 2 ANC systems comprising one reference microphone, two secondary loudspeakers and two error microphone is shown in Fig. 1 . Here r(n) is the noise signal generated by the noise source; s(n) is the reference signal picked by the reference microphone; P 1 (z) and P 2 (z) represent primary paths between noise source and two error microphones e 1 (n) and e 2 (n), respectively; W 1 (z) and W 2 (z) are two adaptive filters generating the canceling signals y 1 (n) and y 2 (n), respectively for two error microphones; F 1 (z) and F 2 (z) are two feedback paths between secondary loudspeakers and reference microphone; and S kj (z) represent secondary path between kth microphone e k (n), k = 1, 2 and jth canceling signal y j (n), j = 1, 2. To achieve ANC the adaptive filters W j (z), j = 1, 2 are updated using multiple error FxLMS (MeFxLMS) algorithm [2] which is multichannel version of the FxLMS algorithm.
The ANC system uses the reference microphone to pick up the reference noise, processes this input with adaptive filters to generate antinoise signals to cancel the primary noise acoustically, and uses error microphones to measure the residual error and to update the adaptive filter coefficients. Unfortunately, loudspeakers will generate plane waves propagating both upstream and downstream. Therefore, the antinoise output to the loudspeakers not only cancels noise downstream, but also radiates upstream to the reference microphone, resulting in a corrupted reference signal. This coupling of acoustic waves from secondary loudspeaker to the reference microphone is called acoustic feedback. It creates a positive feedback loop and degrades the noise control performance, and in the worst case the ANC system will be unstable.
The simplest approach to solving the feedback problem is to use a separate feedback path neutralization (FBPN) filters (as many as the number of feedback paths) within the controller, as shown in Fig. 1 asF 1 (z) andF 2 (z). The electrical model of the feedback pathF j (z) is driven by the secondary source control signal, y j (n), j = 1, 2, and its output is subtracted from the reference sensor signal. The FBPN filters,F j (z), may be obtained offline prior to the operation of ANC system when the reference noise r(n) does not exist. In many practical cases, however, r(n) always exists, and the feedback paths F j (z) may be time varying. For these cases, online modeling of F j (z) is needed to ensure the convergence of the MeFxLMS algorithm for multichannel ANC systems.
A detailed review of existing FIR-filter-based methods [5] [6] [7] for online feedback path modeling (FBPM) can be found in [8] . All of these methods are developed for online FBPM in single-channel ANC systems. In this paper, we investigate issue of online FBPM in multichannel ANC systems, particularly in 1 × 2 × 2 ANC systems as described above. We consider the extension of Kuo's method [7] for 1 × 2 × 2 ANC systems, and identify its problems, and then describe the proposed method which is extension of authors' previous work [8] . The main objective is to achieve improved performance at reduced computational complexity. The organization of the rest of the paper is as follows. Section 2 gives summary of the existing methods, and Section 3 describes the proposed method. Section 4 gives details of simulation results, and Section 5 presents the concluding remarks.
Summary of Existing Methods
In order to achieve online FBPM, Kuo and Luan [6] have proposed an additive random noise-based method, as shown in Fig. 2 . To save the space, the subsystem for dashed box in Fig. 1 is shown only. Here v 1 (n) and v 2 (n) are internally generated random noise signals that are uncorrelated with noise source and with each other. These modeling signals can be generated from a same random noise source by using an appropriate delay [2] .
The online FBPM is achieved by using additive-random noise based adaptive filters,F 1 (z) andF 2 (z), modeling two feedback paths, F 1 (z) and F 2 (z), respectively. After adaptation, the weights of FBPM filters are copied to fixed FBPN filtersF 1 (z) andF 2 (z), being excited by the outputs of two adaptive filters W 1 (z) and W 2 (z), respectively.
The reference signal picked up by the reference microphone, s(n), is now given as
where y
are the feedback component due to the antinoise signals y 1 (n) and y 1 (n), respectively; v paths F 1 (z) and F 2 (z), respectively, and * denotes the linear convolution.
The desired response for the online FBPM filter is given as
whereŷ
, wheref 1 (n) andf 2 (n) are the impulse response ofF 1 (z) andF 2 (z), respectively. In (2), only v � 1 (n) and v � 2 (n) are required for identification and rest of components act as a disturbance signal. Due to this large disturbance signal [note that r(n) will be present all the times] the convergence of the online FBPM filtersF 1 (z) andF 2 (z) may be very slow.
In order to improve the convergence ofF 1 (z) andF 2 (z) in above method, Kuo proposed using a predictor as a signal discrimination filter (see Fig. 3 ) [7] . This method assumes that the reference noise signal is predictable. A discrimination filter H(z), based on a decorrelation delay, is used to predict the predictable component in the corrupted reference signal. The error signal of H(z), g(n) is used to generate reference signal x(n) for the multiple-error FxLMS (MeFxLMS) algorithm for adaptation of control filters. The same error signal is used in adaptation of FBPM filters.
This method improves the performance of ANC system in the presence of acoustic feedback, however, there are a few problems: 1) the performance depends on the proper choice of the decorrelation delay, 2) it assumes predictable noise source, and for unpredictable noise sources the discrimination filter will not work, and hence the performance of the ANC system will be degraded, and 3) it uses separate filters for FBPM and FBPN, which increases the computational complexity.
Proposed Method
To overcome the problems with the Kuo's method, the proposed method is shown in Fig. 4 . It is evident that the structure of the proposed method is somewhat simpler than the Kuo's method. As in Kuo's method, additive random noise signal is used for online feedback path modeling. The sum signals [y 1 (n) + v 1 (n)] and [y 2 (n) + v 2 (n)] are propagated by the canceling loudspeakers downstream to generate the error signals, e 1 (n) and e 2 (n), respectively, as:
where d 1 (n) = p 1 (n) * r(n), and d 2 (n) = p 2 (n) * r(n) are primary noise signals at two error microphones, respectively, and s kj(n) is impulse response of secondary path S kj(n) . The canceling signals are also propagated upstream to generate the corrupted reference signal:
The sum signals are also passed through feedback path modeling and neutralization (FBPMN) filters, whose output is used to generate reference signal for the control filters as:
This signal acts as an input for the MeFxLMS [2] algorithm for adaptation of control filters. The jth (j = 1, 2) adaptive filter is updated using MeFxLMS algorithm as where µ w is step-size parameter for control filters, and
The generated reference signal x(n) is also used as a desired response for the adaptive noise cancelation filter H(z). The filter H(z) is excited by y 1 (n), (note that H(z) can be excited by y 2 (n) as well), and its output converges to that part in x(n) which is correlated with y 1 (n). From (5) and (6), it can be seen that when H(z) converges, its error signal g(n) would converge to:
The coefficients of H(z) are updated by LMS algorithm
where µ h is step size parameter for H(z), y y y(n) = [y 1 (n − 1), y 1 (n−2), · · · , y 1 (n−M )] T , and M is tap-weight length of H(z). As said earlier, y 2 (n) can also be used to generate the vector y y y(n).
Equation (8) shows that g(n) contains error signals for both FBPMN filters, thus gradient in LMS equations for
is computed using g(n) as error signal and the random signal v 1 (n) [v 2 (n)] as input signal, resulting in the following LMS update equations forF 1 (z) andF 2 (z), respectively,
A comparison between the proposed method and Kuo's method is given below:
• Due to combining the tasks of FBPM and FBPN filters in FBPMN filters, the computational complexity of the proposed method is lower than that of the Kuo's method. In particular for 1 × 2 × 2 ANC systems, a computational complexity analysis shows that the proposed method requires 2N less multiplications per iteration and 2N − 2 less additions per iteration, where N is the tap-weight length of FBPM modeling filters. For example, for the parameters considered in the computer simulations, the number of multiplications required per iteration are 519 and 455 for Kuo's method and proposed method, respectively. This is advantageous when length of the adaptive filter is long, which is usually the case in practical ANC systems.
• The proposed method is general, and does not assume the noise source to be predictable, whereas the performance of the Kuo's method would degrade in the presence of unpredictable noise sources.
• The performance of Kuo's method depends on proper choice of decorrelation delay in discrimination filter. If decorrelation delay is not properly selected, the performance of the Kuo's method may degrade even for predictable noise sources. On the other hand, the proposed method does not use decorrelation delay.
Simulation Results
This section presents the simulation experiments performed to verify the effectiveness of the proposed method in comparison with the Kuo's method. For acoustic paths the experimental data provided by [2] is used. Using this data, primary, secondary and feedback paths are modeled as FIR filters of tap-weight lengths 48, 16, and 32, respectively. All adaptive filters are of FIR type. The tap-weight lengths of adaptive filter W 1 (z) and W 2 (z) are L = 32, of the FBPM filtersF 1 (z) andF 2 (z) are N = 32, and that of H(z) is 32. All the adaptive filters are initialized by null vectors of an appropriate order, except for FBPM filter, where offline modeling is used to initialize their tap-weights. A sampling frequency of 4 kHz is used. The reference signal x(n) comprises sinusoids of frequencies 65, 150, 200, 225, and 300 Hz. Its variance is adjusted to 2 and a zero-mean white noise is added with SNR of 30 dB. The modeling excitation signal v 1 (n) is a zero-mean white Gaussian noise of variance 0.05. The modeling signal v 2 (n) is generated by delaying v 1 (n) by 32 samples. The step size parameters are adjusted for fast and stable convergence, and, by trial-and-error, are found to be:
The decorrelation delay ∆ in Kuo's method [7] is 30.
The simulation results are shown in Fig. 5 . Here Fig.  5(a) shows the curves for relative modeling error ∆F 1 being defined as
where f f f 1 (n) andf f f 1 (n) are impulse responses of F 1 (z) and F 1 (z), respectively, and �·� is Euclidean norm. These curves are average of 10 realizations. We see that the proposed method can reduce the relative modeling error to a lower level.
The curves for mean-square-error for residual noise at error microphones 1 are shown in Fig. 5(b) . We see that, without FBPMN, the performance of the ANC system is very poor. Kuo's method and proposed method give an improved performance, with proposed method giving better performance. 2 , for single realization. It is evident that proposed method is better able to remove the acoustic feedback, than the Kuo's method.
Concluding Remarks
In this paper we have presented a method for improving the performance of multichannel (1 × 2 × 2) in the presence of acoustic feedback. It is shown that proposed method gives improved performance in generating acoustic-feedback-free reference signal, and hence improving the overall performance of the ANC system. This improved performance is achieved at reduced computational cost, by combining the tasks of feedback path modeling and neutralization. The development of algorithm for a general I ×J ×K multichannel ANC systems, comprising I reference microphones, J secondary loudspeakers and K error microphones, is a task of future work.
